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TECHNIQUE FOR MONITORING CONVERSATIONAL VOICE OVER 

PACKET 



5 Technical Field 

This invention relates to a technique for monitoring the quality of voice 
transmitted across a packet network. 

10 Background Art 

Many communications service providers, such as AT&T, have begun to migrate 
voice traffic from conventional circuit-switch networks onto packet networks. To 
transport a voice call over a packet network, an ingress gateway digitizes outbound voice 
SJ 15 into packets for transport across a packet network, typically an Internet Protocol network, 
q to an egress gateway. The egress gateway converts the packets into voice for ultimate 

=F receipt by a telephone set at a called party's premises. Voice originating at the called 

u party's premise is converted by the egress gateway into packets for transport to the 

ingress gateway for conversion into voice received by the calling party. 
M; 20 Transmission of voice in this manner often referred to as "Voice over Packet" or 

p "VoP" achieves more efficient use of resources. Unlike conventional circuit switched 

networks that require a dedicated communications path for the duration of a voice call, a 
single link in a packet network can carry packets associated with different calls. Stated 
another way, the communications link in a packet network is only dedicated for the 
25 interval needed to route packet for a given call for the time needed to route the packet 
from one hop to another. 

Voice over Packet does suffer from a major disadvantage as compared to circuit- 
switched telephony. With circuit-switched telephony, various techniques exist for 
monitoring the quality of the call. For example, parameters, such as signal distortion, 
30 frequency response, and signal amplitude associated with a telephone call transported 

over a circuit switched network possess the capability of being monitored for to ascertain 
voice quality. Monitoring the quality of Voice over Packet calls has proven more 
problematic. While it is possible to measures to factors such as jitter and delay that affect 
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Voice over Packet transmission, the exact correlation of these parameters to voice quality 
has heretofore proven difficult to predict with great accuracy. 

Recently, the International telecommunications Union promulgated ITU-T 
Recommendation G.107 that proposed a model (referred to as the "E-Model") for 
summing impairment parameters to yield a metric indicative of the voice quality 
associated with calls over a specified path. Specifically, the E-Model embodied within 
the ITU-T Rec. 107 defined a measure of voice quality based on a Rating factor, called R, 
related to the Mean Opinion Score (MOS) of a call. The E-model defined R by the 
relationship: 

R = 100-I s -I d - I ef + E (Equation 1) 



%J where I s represents the impairment of the voice quality within a path due to signal 

impairment, Id represents impairment to the voice quality due to delay, I e / represents the 

^ 1 5 impairments due to various network equipment (e.g., codec compression and loss 

concealment) that impact the signal in a non-linear fashion, and E is a factor to cover 

£ - 

fTJ lower user expectations of quality due to such things as convenience of service (e.g., 

H; wireless) and lower prices. The higher the R factor, the higher the quality of the 

□ conversational voice. The E-model gives analytic expressions for the I s and Id 

20 components in terms of channel characteristics such as noise and delay but the E-model 
leaves the I e f factor as a measurable quantity. Thus, the I ef factor depends on the specific 
network equipment employed to carry the call. Consequently, implementation of the E- 
Model requires apriori knowledge of the parameters of each piece of network equipment, 
which can prove especially difficult if packets must travel over different networks. 
25 Thus, there is a need for a technique that enables a fully analytical measurement 

of the R factor in terms of measurable transport metrics to facilitate ongoing 
measurements of voice quality without apriori knowledge of the equipment within the 
network. 
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Brief Summary of the Invention 



Briefly, in accordance with a preferred embodiment of the invention, a method is 
provided for monitoring a packet transmission path in a network to establish a measure of 
5 the quality of conversational voice of Voice-over-packet transmissions on the 

transmission path. To monitor voice quality, at least one probe packet is injected for 
transport across the transmission path. The delay and packet loss of the probe packet is 
measured, and from such measurements, analytic values for voice impairment associated 
with delay and with loss in the network, respectively are established. A measure of the 
1 0 overall conversational voice quality of the path is then derived in accordance with the 
algebraic sum of the analytic values for voice impairment associated with delay and with 
loss in the network. 

Brief Description of the Drawing 

15 

FIGURE 1 shows a block schematic diagram of a system in accordance with a 
preferred embodiment with the invention for monitoring a transmission path in a packet 
network to determine the conversational voice quality of Voice-over-Packet 
transmissions on the path. 

20 

Detailed Description 



FIGURE 1 depicts a block schematic diagram of an Internet Protocol (IP) 
Network 10, such as the IP network maintained by AT&T. The network 10 includes at 

25 least one path 1 1 for transporting packets between a first Voice-over Packet (VoP) 

gateway 12, and a second Voice-over Packet gateway 14. The packets carried over the 
path 1 1 represent analog voice, such as the analog voice associated with a telephone call. 
Each of the VoP gateways 12 and 14 digitize the voice of one of the parties to a telephone 
call to create packets for transmission to the,other gateway for conversion back to analog 

30 speech. In practice, the network 10 includes a plurality of paths 1 1, however, for 
purposes of simplicity, FIG. 1 depicts only a single path. 
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Unlike traditional circuit switched voice telephony which readily lends itself to 
various techniques for monitoring voice quality, Voice-over-Packet transmission does not 
readily lend itself to monitoring techniques that can easily ascertain the quality of 
conversational voice embodied within such transmissions. The International 
5 telecommunications Union promulgated ITU-T Recommendation G. 1 07 (the "E-Model") 
for yielding a model to estimate the quality of voice conversations in accordance with 
Equation (1) discussed previously. However, the standard does not incorporate the 
impact of packet transport on the impairments and in fact buries this dependence in the I e f 
factor. The disadvantage associated with the E-Model proposed in the ITU-T 

1 0 Recommendation G. 1 07 is that the voice quality impairment I e /due to network equipment 
is specific to the equipment within the network 10, thus requiring a full characterization 
of the performance of the network equipment. In the absence of fully analytical 
expression for I e f 9 the ITU-T recommendation has not been implemented in practice. 

In accordance with the invention, there is provided a system 16 for monitoring the 

1 5 conversational voice quality of VoP transmissions over the path 1 1 in accordance with 
the E-Model embodied within the ITU-T Recommendation G.107. The system 16 
includes a Watchdog and Quality Analysis processor 18 linked though one of a Local 
Area Network (LAN) 20 to a router 22 connected to the network 10. Instead of LAN 20, 
a Wide Area Network (WAN), Intranet or the like could provide a link between the 

20 processor router 22 and the network 10. The processor 18 communicates with the 

ingress VoP gateway (e.g., gateway 12) associated with the path 1 1 of interest using a 
SET command in accordance with the Simple Network Management Protocol (SNMP) to 
inject one or more probe packets for transmission along the path. By using an SNMP 
GET command, the processor 18 can extract certain parameters associated with probe 

25 packet transit along the path 1 1 , including delay, delay jitter and packet loss. 

From the measured delay, delay jitter and packet loss, the processor 18 derives a 
measure of the conversational voice quality of VoP transmissions along the path 1 1 using 
E-model of the ITU-T Recommendation G.107 as follows. The term l s in Equation (1), 
representing the voice impairment due to signal loss, can be approximated by a default 

30 value of 5.8 in the ITU-T Recommendation G.107 itself, so that the term 100- I s , yields 
the value of 94.2. 
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The term representing voice impairment due to delay, has a very complex 
analytic derivation in the ITU-T Recommendation G. 107. We have simplified derivation 
of the term Id by plotting this function as a function of the measured delay d and fit to a 
sum of two linear segments, yielding the expression 

5 

ld= bid + b 2 (d-b 3 )H(d-b 3 ) Equation (2) 

where Z>/=0.024/ms, Z>r=0.1 1/ms and b 3 =177.3 ms and H(x) is the Heavyside function. 
10 As discussed previously, the term I e /, representing voice impairment due to 



network equipment impairment, is not defined analytically in the ITU-T 
Sj Recommendation G. 107. However, we have been able to establish an analytical value for 

the term I e /by fitting a large quantity of voice measurements made under different 
+= conditions for various equipment using the expression, e.g.: 

i 15 

y: I ef = g x + g 2 ln(l + g 3 e) Equation (3) 

where: 

□ gi, g2 and g 3 are parameters of curve fitting and e is the packet loss at the decoder. 

20 Example values for the parameters are gj = 9.4, g2=l 7, and g 3 = 60 for a G.728 codec and 
gi = 72, g2=15, and g 3 = 60 for a G.729a codec. Work continues to improve these 
analytical expressions for I e /and to extend the expressions to additional codec types. 

Having established analytic values for I„ 1^, and I e f t the processor 18 can calculate a 
25 rating factor (R) that follows the E-Model embodied within the ITU-T Recommendation 
G. 1 07 using the following relationship: 

R-94.2- bid - b 2 (d-b 3 )H(d-b 3 )-g x + g 2 ln(l + g,e) 
Since the processor 18 can readily measure the transport metrics d and e by injecting 
30 probe packets for transport along the transmission path 1 1 of interest, the processor can 
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thus derive a measure of the conversational voice quality of VoP transmission on the path 
in accordance with the ITU-T Recommendation G.107 on an ongoing basis. In other 
words, the processor 18 will typically inject probe packets at various times (typically on a 
periodic basis) to obtain measurements of the voice quality at different intervals. 

The foregoing describes a technique for monitoring a packet transmission path in 
a network to establish a measure of the quality of conversational voice of Voice-over- 
packet transmissions on the transmission path in accordance with the ITU-T 
Recommendation G. 1 07. 



